WIRELESS COMMUNICATIONS AND MOBILE COMPUTING
Wirel. Commun. Mob. Comput. 2009; 10:912–931
Published online 15 May 2009 in Wiley InterScience
(www.interscience.wiley.com) DOI: 10.1002/wcm.802

Performance evaluation of utility-based scheduling schemes
with QoS guarantees in IEEE 802.16/WiMAX systems
Razvan Pitic1 , Federico Serrelli1 , Simone Redana2 and Antonio Capone1∗,†
1
2

Dipartimento di Elettronica e Informazione, Politecnico di Milano, Milan, Italy
Nokia Siemens Networks, Munich, Germany

Summary
One of the most important benefits that WiMAX technology brings, the ability to provide differentiated quality
of service (QoS) guarantees, could also prove to be the largest problem for system designers, because scheduling
mechanisms able to cope with these demands have not been explicitly defined in the standard. In order to facilitate the
understanding of how various scheduling schemes perform in a real system, we present here a detailed performance
evaluation of some utility-based scheduling algorithms, covering aspects like fairness and QoS provisioning.
Through a series of extensive simulations, we analyse the ability of the scheduling schemes considered to strike
a balance between fairness among users, or more restrictively, user QoS requirement satisfaction, and system
efficiency maximization. Further, we show how several simple algorithms could be used as building blocks,
constructing a powerful mechanism that allows the system designer to obtain any desired system behaviour, or
even to dynamically change from one profile to another, depending on specific network-related conditions. More
specifically, by combining the benefits of proportional fair (PF) scheduling with the highly desirable system capacity
maximization, and also taking into account a peak-to-average (PTA) channel quality metric, we are able to define a
rule that outperforms traditional scheduling schemes, copes with various network conditions and provides graceful
service degradation. Our results indicate that, by exploiting the intrinsic properties of orthogonal frequency division
multiple access (OFDMA) as well as the mechanisms of the WiMAX system that are not regulated by the standard,
one could increase the system efficiency, while fully respecting the QoS guarantees imposed. The use of algorithms
that provide graceful performance degradation is highly advisable, in order to be able to employ a non-conservative
call admission control (CAC) mechanism, which further improves the overall spectral efficiency by maintaining the
system close to saturation at all times. Copyright © 2009 John Wiley & Sons, Ltd.
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1.

Introduction

The last decade has brought increasing interest
in high-speed Internet access on a large scale,

∗

mainly due to the diversification and wide spread of
multimedia applications and services. The evolution
of wireless technology meant that broadband wireless
access (BWA) became an economically viable
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solution for providing last mile Internet access,
thanks to its versatile and cost-effective deployment
possibilities.
This trend lead to the creation of the IEEE 802.16
Working Group, with the goal of producing a family of
standards for interoperable fixed BWA, supporting high
bit-rate voice, data and video services, full quality of
service (QoS), as well as advanced security features.
In order to provide certified interoperability between
system components developed by original equipment
manufacturer (OEMs) and assure a rapid adoption of
the IEEE 802.16 standard, the Worldwide Microwave
Interoperability (WiMAX) Forum was created as a nonprofit industry trade organization. The main result of
this initiative is the development of a unique subset
of baseline features, referred to as ‘System Profiles’,
which are meant to provide directives specifically
aimed at ensuring worldwide compliant practical
implementations of devices based on the WiMAX
technology.
Although the standard provides a robust, QoS
oriented, MAC protocol, the details of scheduling and
resource reservation management are not standardized,
providing an important mechanism for vendors
to differentiate their products. This flexibility can
be exploited by system designers through the
implementation of advanced scheduling schemes that
meet client requests in terms of QoS, provide
differentiated service to clients belonging to different
classes-of-service, or simply maximize radio resource
utilization.
Moreover, a novel approach to scheduling allows
for several objectives to be targeted at the same time,
through the use of utility functions, a concept imported
from the economics field [1]. A utility function groups
together several objectives, expressed in terms of costs
and profits, with the use of system and operatordefined variables. The resulting objective function,
denoted utility, is typically expressed as the weighted
summation of these partial objectives and is used
as a discriminator in order to provide prioritized
medium access to users. In other words, different utility
functions can be used in order to obtain different system
behaviours, depending on the specific interests of the
service provider [2].
Algorithms based on utility functions offer an
integrated way of enforcing system operator defined
policies, which could aim either at meeting specific
client demands related to QoS parameters (i.e. minimum guaranteed data-rate, maximum average delay,
etc), or at enforcing economically oriented targets (such
as maximizing system spectral efficiency).
Copyright © 2009 John Wiley & Sons, Ltd.
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The main aim of this paper is to provide an
extensive performance evaluation of utility-based
packet scheduling techniques in IEEE 802.16/WiMAX
systems, with an emphasis on multi class-of-service
QoS provisioning. Further, we present a tutorial
overview of the various mechanisms related to the
resource allocation process which are imposed by
the standard and, more importantly, we highlight the
flexible design options which are not standardized. The
specific behaviour of each of the algorithms considered
is analysed, in terms of QoS provisioning as well as
system efficiency, under the imposed complexity constraints. Moreover, we devise a set of guidelines which
allows system designers to obtain any desired response
from the implemented WiMAX system by using the
algorithms provided as building blocks for constructing
powerful, highly customizable resource allocation
mechanisms.
The rest of this paper is organized as follows: in
Section 2 we present an overview of a typical WiMAX
system, focusing on the resource allocation and QoS
management mechanisms. In Section 3 we review
the state-of-the-art of utility-based scheduling schemes
and in Section 4 we provide the system model used. The
results of our extensive simulations are presented and
discussed in Section 5, while the conclusions are drawn
in Section 6.

2. IEEE 802.16/WiMAX System
Overview
WiMAX (Worldwide Interoperability for Microwave
Access) is a broadband technology intended to provide
wireless connectivity for fixed, nomadic, portable
and mobile users. Defined for wireless networking,
WiMAX’s capabilities in transmission range and
spectral efficiency should make this technology able
to efficiently cover the last mile in unwired zones,
mitigating the digital divide problem, where present,
as well as guarantee high-speed wireless access in
metropolitan area networks (Wireless MANs), as an
alternative to more common wired broadband systems
like cable and digital subscriber line (DSL).
The standard for the equipment interoperability and
certification has been defined and published during the
last years by the IEEE as 802.16 in different versions,
depending on system architecture and requirements.
The 802.16-2004 [3] version of the standard specifies
the air interface for a fixed to nomadic, pointto-multipoint deployment, while the 802.16e-2005
standard [4] (implemented by the industry as Mobile
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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Fig. 1. A typical WiMAX system.

WiMAX) includes the previous versions and enables
the support of higher mobility. Recently the standard
has been extended to operate also in mesh mode (IEEE
802.16j), meaning that each node is able to forward data
for other destinations and thus enabling the possibility
for BSs (base stations) to interconnect through direct or
relayed links in a mesh topology. A typical deployment
scenario is shown in Figure 1.
Fixed and nomadic access is supported by using
OFDM (orthogonal frequency division multiplexing)
as modulation scheme in the 2–11 GHz frequency
range, while the S-OFDMA (scalable orthogonal
frequency division multiple access) guarantees connectivity for mobile users in 2–6 GHz band, offering
a spectral efficiency of up to 2 bps/Hz for the downlink
(DL) and 0.8 bps/Hz for the uplink (UL) [5].
In the next two sections we will detail some technical
aspects of the standard that directly influence the
resource allocation mechanism. For a more general
overview of the WiMAX system, both fixed and
mobile, good tutorials are provided in References [6]
and respectively [7].
2.1.

Resource Allocation

While for fixed access WiMAX uses OFDM in
TDMA mode, allocating all subcarriers in a symbol
to one specific flow or connection, in OFDMA the
access of users to the medium can be diversified
Copyright © 2009 John Wiley & Sons, Ltd.

both in time and frequency, thus adding a degree of
freedom in the resource scheduling process, allowing
dynamic adaptation to variable channel conditions and
introducing support for mobility.
In S-OFDMA, on which this work focuses, frequency
resources are partitioned as follows: a group of
contiguous logical subcarriers is termed as subchannel
and represents the minimum granularity of resource
allocation in the frequency domain. In the time
dimension, consecutive OFDM symbols are grouped
in frames. Knowing these definitions, the minimum
resource allocation unit can be defined as the slot
composed by one subchannel (in frequency) and a
number of OFDM symbols‡ (in time). At the beginning
of each frame, the BS allocates all the OFDMA slots
composing one frame among active users.
Scalability implies that the fast fourier transform
(FFT) size is adapted depending on the available bandwidth, thus making variable the number of subcarriers
in the OFDM symbol; however, also the number of
subchannels is scaled consequently so that the amount
of subcarriers composing one logical subchannel
remains the same, maintaining this way unchanged
all frequency-dependent channel characteristics when
different bandwidth configurations are applied. This
scalable subchannelization method is shown in Table I.

‡

Depending on the subcarrier permutation rule applied.
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Table I. WiMAX OFDM and S-OFDMA subchannelization.

Mobility
Fixed to nomadic

Portable to mobile

Bandwidth

Subcarriers

S-OFDMA: no. of

Standard

Access

[MHz]

[NFFT/Used/Data]

SChs

data SCs/SCh

802.16-2004

OFDM/TDMA

1.25-20

256/200/192

—

—

128/85/72
512/420/360
1024/840/720
2048/1680/1440

3
15
30
60

802.16e

S-OFDMA/TDMA

An important factor influencing the performance
of S-OFDMA is the subcarrier permutation rule. In
order to further combat the frequency selectivity of the
wireless channel, the standard introduces distributed
pseudo-random permutations (PUSC, FUSC) [4,8] in
the mapping between logical and physical subcarriers.
Mobility can cause fast variations of the wireless link
quality and both the frequency selective scheduling and
the dynamic adaptation of the modulation and coding
scheme (MCS) become difficult due to the unreliability
of users’ channel quality information (CQI). Through
subcarrier permutation it is possible to increase the
frequency diversity within each single subchannel
by reducing the correlation among the subcarriers
composing it, thus enhancing the probability of correct
decoding. This subcarrier scrambling has two other
main advantages: the first is that the CQI could be
considered substantially valid on the whole bandwidth
and, if mobility is not excessive, this assumption can
be extended over the entire frame. The second benefit
is the possibility to randomize the interference coming
from adjacent cells by setting differently the pseudo-

1.25
5
10
20

24

random permutation applied in each site [9]. The
downside is that by using this technique, the average
quality of all subchannels becomes similar, which quasi
nullifies the overall frequency diversity.
The standard also provides an adjacent subcarrier
permutation. This scheme, called AMC (adaptive
modulation and coding), maintains the same mapping
between logical and physical subcarriers and gives
the possibility of adapting the MCSs for each user
depending on allocated subchannels and on the base of
reliable and precise information about the frequency
profile of the channel. It has been proved [10,11]
that this type of opportunistic frequency selective
scheduling can provide throughput maximization when
low-mid mobility is considered due to the highly timecorrelated channel.
The MAC frame (Figure 2) starts with a Preamble
used for signal to interference (SINR) estimation and
synchronization purposes. Control messages (FCH,
DLMAP and ULMAP) are transmitted immediately
after and carry all information about data allocation
in the current frame in order to allow correct data

Fig. 2. Frame structure.
Copyright © 2009 John Wiley & Sons, Ltd.
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Table II. WiMAX scheduling services QoS parameters.
Scheduling service

Main QoS parameters

RT-CBR
RT-VR
DT-VR
BE

Tolerated jitter, minimum reserved traffic rate, maximum latency
Maximum latency, minimum reserved traffic rate, maximum sustained traffic rate
Minimum reserved traffic rate, maximum sustained traffic rate
—

localization and decoding. A typical frame duration
is 5 ms and the split point between DL and UL is
variable and could be changed on a frame by frame
basis following some predefined DL/UL ratios. The DL
data subframe can be divided in multiple permutation
zones each using a different subcarrier permutation
scheme. However, the standard stipulates that only a
DL PUSC permutation zone is mandatory for carrying
control messages and, optionally, data.
It should be noted that the DL PUSC permutation
scheme imposes that data are mapped into rectangular
data regions within a frame (see Figure 2); each region
is formed by a number of contiguous subchannels
(in frequency) and OFDM symbols (in time), which
carry data pertaining to one or more users and employ
the same MCS. This granularity should be taken into
consideration when performing the frame mapping, so
that the least possible amount of resources is wasted.
The necessity to transmit all control information at
the beginning of each frame implies that all MAC
procedures related to resource allocation must be
accomplished by the BS within the previous frame interval. Such procedures include: link adaptation, frame
mapping, power control and resource scheduling.
Because of these tight time constraints, using a lowcomplexity scheduling scheme becomes a key factor
in any real-system implementation, especially when
complex differentiated QoS provisioning is required.
2.2.

QoS Management

The WiMAX technology is intended to offer
differentiated QoS provisioning. Each connection is
associated a scheduling service which describes the
QoS parameters to be provided by the resource
allocation mechanism at the BS.
Each packet belonging to a data flow is mapped to
a specific service flow by the convergence sublayer
(CS). The CS resides at the top of the MAC layer
and manages the mapping between MAC SDUs and
transport connections. CS is responsible for packet
classification and optional payload header suppression.
Copyright © 2009 John Wiley & Sons, Ltd.

When a new packet arrives at the CS, it is classified
and associated to a specific unidirectional service
flow, identified by a service flow ID (SFID), and
mapped on the corresponding transport connection
(CID). Each service flow is characterized by a set of
QoS parameters such as maximum latency, minimum
average throughput and tolerated jitter. The BS should
guarantee that resource allocation is made respecting
the imposed QoS requirements.
The standard supports four types of scheduling
services: Real-Time Constant Bit-Rate, Real-Time
Variable Rate, Delay-Tolerant Variable Rate and Best
Effort. A set of QoS parameters is associated to
each scheduling service; in Table II the typical QoS
parameters for all scheduling services are listed.

3.

Utility-based Scheduling

Due to the inherent unreliability of wireless channels,
the packet scheduling process becomes the most
important means by which end-to-end QoS could be
guaranteed. Taking into account that a system operator
also wants to maximize the use of the scarce radio
resources, the quest for a scheduling scheme that
provides full QoS support for various classes of service,
while at the same time maximizing the system spectral
efficiency, is taken to another level.
Historically, most of the scheduling schemes that
were first proposed for WiMAX were adopted
from single-carrier (SC) systems. While for the SC
physical layer modes (i.e. WirelessMAN-SC and
WirelessMAN-SCa ) these algorithms are adequate,
for the more advanced multi-carrier modes (i.e.
WirelessMAN-OFDM and WirelessMAN-OFDMA)
the results produced are suboptimal. This is mainly
because OFDM/OFDMA systems have particularities
which require totally different approaches in order to
exploit their intrinsic properties.
The present digital modulation scheme of choice
is orthogonal frequency division multiple access
(OFDMA), considered the most advanced and
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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promising technology for the PHY layer. This is
also reflected in the latest IEEE Standard 802.16e2005 [4], which adopts it as its principal multi-access
scheme. Seen as the natural evolution of OFDM for
multiple access, OFDMA inherits the robustness to fast
fading and interference of its predecessor, and adds
several other benefits: reduced multi-user interference,
flexible frequency reuse, subchannelization, multiuser diversity, better spectral efficiency etc. Even
more importantly, the advent of OFDMA changes a
fundamental concept of wireless system design: the fact
that channel variation is considered a negative effect
and is heavily combated using advanced techniques
such as interleaving, power control, equalization, etc.
The traditional TDM scheduling algorithm, in single
carrier systems, has been round robin (RR) [12]. It
assigns time-slots to users in a sequential manner,
independent of the channel conditions. A multi-service
extension was developed, the weighted round robin
(WRR) [13], which supports multiple service classes
by sequentially assigning each user a number of timeslots dependent on the class it belongs to. Although
these algorithms succeed in achieving a level of fairness
among users, they provide very low spectral efficiency,
a flaw which makes them unsuited for use in broadband
networks.
Another class of algorithms, proportional fair (PF), is
targeted at ensuring fair resource access for all users on
a long time scale. The best known implementation of
a PF algorithm is Qualcomm’s high data rate (HDR)
(CDMA2000/1xEV) standard. The principle behind
this algorithm is to choose for transmission, at each
time-slot t, the user i with the highest ratio between
its respective instantaneous channel capacity Ri and
average data rate Ri (t) over a sliding time window of
size tw :
i∗ = arg max
i

Ri
Ri

(1)


Ri (t + 1) =

1−

1
tw


Ri (t) + ai (t)

1
Ri (t)
tw

(2)

ai (t) is a boolean variable that is equal to 1 if user i was
granted a transmission opportunity at time-slot t and 0
otherwise.
Different versions of PF algorithms have been
adapted for multi-carrier systems, one of the best
known being MPF [14]. These algorithms fail in a
Copyright © 2009 John Wiley & Sons, Ltd.

heterogeneous traffic environment due to their inability
of providing QoS guarantees.
In a wireless system, users have statistically
independent time-varying channels. This translates
to different users experiencing peaks in their
channel quality at different times. In a densely
populated system, exploiting this effect by scheduling
transmissions for users only when they have favourable
channel conditions could lead to significant increase
in the total system throughput. This effect has been
called multiuser diversity [15] and forms the base of
opportunistic scheduling (OS) [16]. In an OFDMA
system this effect is more visible due to the fine
granularity of the scheduling space (i.e. a large number
of subcarriers and short symbol duration), which
translates into higher variations of user channel quality,
both in frequency and in time.
OS schemes use a cross-layer approach to
MAC packet scheduling by leveraging the channel
state information (CSI) retrieved from the physical
layer in order to exploit multiuser diversity. A
pure opportunistic approach always schedules for
transmission the users experiencing the best channel
quality, thus maximizing the system throughput. The
main drawback of this approach is that it cannot provide
any degree of fairness, which can lead to increased
delays and even starvation for users with prolonged
bad channel quality (i.e. located in deep fade areas).
To mitigate the problem of delay, several algorithms
have been proposed. The best algorithms in this
family take into account both channel conditions and
QoS requirements in terms of stochastic packet delay
bounds [17,18]. Such an algorithm is the Modified
Largest Weighted Delay First (M-LWDF), which could
be defined as follows: at each time instance, schedule
for transmission the user satisfying the following
condition:
i∗ = arg max ρi Wi Ri
i

where the average data rate can be updated from one
time slot to the next using the following low-pass filter:

917

(3)

where ρi is a constant, Wi the head-of-line packet
delay and Ri is the instantaneous channel capacity for
user i. The proposed scheduler achieves throughput
optimality, defined in Reference [18] as follows: a
scheduling algorithm is throughput optimal if it is able
to keep all queues stable if this is at all feasible to do
with any scheduling algorithm.
Another algorithm from the same class is the
exponential rule, proposed in Reference [19], which
tries to equalize the weighted delays of all the queues
when their differences are large. In a simplified form it
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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could be stated as follows:
Ri
i = arg max ai exp
i
Ri
∗



ai Wi − aW
√
1 + aW


(4)

where ai is a weighting factor, Ri the instantaneous
data rate supported by the channel for user i, Ri its
respective mean data rate, Wi the head-of-line packet
delay and aW is the arithmetic mean over all ai Wi .
Using the exponential rule, when all queues have
similar lengths, the user perceived channel conditions
play a significant part. On the other hand, if one queue
is much longer than others, then the queue length
becomes dominant and the longer queue gets a higher
chance to transmit. Hence, this algorithm balances
the tradeoff between queue length and throughput. In
other words, the exponential rule gracefully adapts
from a proportionally fair one to one which balances
the delays. The main downside of these scheduling
algorithms is that their performance depends heavily
on parameter settings, which is not desirable in a highly
dynamic system where operator policies need to be
changed depending on the traffic conditions of the
network.
The IEEE 802.16 standard stipulates that the base
station (BS) centrally allocates the available channels
in each time slot to the various active subscriber
stations (SSs) for both UL and DL, which in turn
allocate these resources to the connections they manage
at that time. In order to efficiently satisfy users
requirements and at the same time achieve high
spectral efficiency, a plethora of factors need to be
considered for each user when making the scheduling
decision: the instantaneous and average channel
quality, packet backlog size, QoS parameters, average
data-rate, etc.
Several scheduling algorithms have been tailored for
IEEE 802.16 systems. An overview of the principles
of joint scheduling and resource allocation in channel
aware WiMAX systems (AMC mode) can be found
in Reference [20]. Several classic algorithms from
literature (such as Round Robin, PF, Max CINR)
have been adapted to a Mobile WiMAX system and
a brief comparison of their performance in terms of
heterogeneous traffic support is presented in Reference
[21]. A joint bandwidth allocation and connection
admission control framework, which considers an
optimization formulation based on a queuing analytical
model, as well as a more practical iterative approach
based on the the water-filling method, has been
developed in Reference [22].
Copyright © 2009 John Wiley & Sons, Ltd.

In a real life system, different subchannelization
techniques (grouping several subcarriers into one
subchannel) can be used in order to reach a trade off
between the granularity of resource allocation and the
overhead incurred by the channel quality measurement
and feedback mechanism.

4.

System Model

In this paper the system is modelled according to the
specifications of Mobile WiMAX (based on the IEEE
802.16e standard). System parameters are summarized
in Table III.
All scheduling algorithms have been evaluated and
compared through system level simulations [23]. A
fully standard compliant system simulator, based on
ns-2 [24], implements all main functions of the MAC
layer and manages multiple DL connections between
the target BS and traced SSs. Statistics are extracted
either from BS or SSs in order to assess the overall
system performances.
Only the mandatory DL PUSC permutation mode
is considered throughout this paper. The topology
consists of a single cell and an intra-site frequency reuse
factor of 3 is assumed, so that in each hexagonal sector
the BS can employ one third of the 15 MHz available
bandwidth. For 5 MHz the scaled FFT size is 512 and
the resulting number of subchannels in each sector
is 15.

Table III. System parameters.
Parameter

Value

Topology type
Centre frequency
Total available bandwidth
in site
Frequency reuse
Available bandwidth in
sector
FFT size
Number of subchannels
Frame duration
OFDM symbols per frame
Subcarrier permutation

DL/UL ratio

hexagonal, tri-sectorial
2.3 GHz
15 MHz
1:3
5 MHz (frequency reuse 3 intra-site)
512
15
5 ms
47
PUSC
(35:12)
1 OFDM symbol for frame preamble
6 OFDM symbols for FCH and MAPs
28 OFDM symbols for DL data
12 OFDM symbols for UL
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Table IV. Physical layer model parameters.
Parameter

Value

BS Tx power/sector
35 dBm
BS antenna height
30 m
BS antenna pattern 65 deg (−3 dB) with 50 dB front-to-back ratio
BS antenna gain
17.5 dBi
SS antenna height
1.5 m
SS antenna pattern
Omnidirectional
SS noise figure
7 dB
SS mobility
3 km/h

The OFDMA slot size in DL PUSC configuration
is 1 subchannel per 2 OFDM symbols so that the DL
subframe is a 14 × 15 matrix and 210 slots are available
for DL data transmissions in each frame.
The wireless channel is simulated through the use
of pathloss, shadowing and fast fading components.
Okumura–Hata model for urban environment is applied
for median pathloss calculation and an additive
lognormal shadowing is applied for each wireless
link with null average and 8 dB standard deviation.
These values are assumed constant for each link due
to the limited duration of the simulation run time
with respect to the typical slow fading dynamics.
The fast fading is simulated for each wireless
link by importing a channel trace with OFDM
symbol resolution. The trace was generated offline
using a link level simulator which implements an
extension of the 3GPP Spatial Channel Model (SCME),
developed in the context of the European WINNER
project [25,26]. Physical layer and wireless channel
modelling parameters are shown in Tables IV and V,
respectively.
In order to evaluate the system performance, a fixed
number of SSs have been positioned in the hexagonal
sector so that in each simulation run the user average
channel conditions are equally distributed, ranging
from excellent to poor. For this purpose, the hexagonal
sector under consideration has been divided in three

Fig. 3. Cell zones.

zones, defined as a function of the average distance
from the BS (D1 , D2 and D3 ) and the zone width ,
as shown in Figure 3.
An equal number of fully backlogged users have been
randomly positioned in each zone. The network model
parameters are listed in Table VI.
This assumption has been made in order to limit
the number of simulation runs, but it is important to
notice that due to shadowing and fast fading the actual
channel quality of users can differ significantly even
though they belong to the same zone. This implies
that the duration and the overall number of simulation
runs have to be large enough in order to guarantee
the averaging of the involved statistical propagative
components and the reliability of the measured
statistics.
A total number of users greater than 20 should
guarantee an adequate level of user diversity, so seven
users per zone are simulated. A topology example for
a single simulation run is depicted in Figure 4.
In Figure 5 the entire resource allocation process
is represented. At the beginning of each frame the
triggered scheduler allocates resources using the utility
approach and builds a list of requests; required
Table VI. Network model parameters.

Table V. Propagation model parameters.
Parameter
Pathloss model
Pathloss slope
Shadowing model
Shadowing standard dev
Fast fading
Copyright © 2009 John Wiley & Sons, Ltd.

Parameter
Value
Okumura–Hata
≈ 38 dB/decade
Lognormal
8 dB
3GPP SCM

Value

Cell radius r
Zone width 
Zone 1 average distance
Zone 2 average distance
Zone 3 average distance
Number of SSs per zone
Traffic model

500 m
r/8 = 62.5 m
D1 = r/2 = 250 m
D2 = √
r = 500 m
D3 = r 3 = 866 m
7
Full buffer

Wirel. Commun. Mob. Comput. 2009; 10:912–931
DOI: 10.1002/wcm

920

R. PITIC ET AL.

Fig. 4. Simulated network topology.

information, i.e. users’ MCSs and the amount of data
in each queue, are retrieved by the scheduler from the
queues’ manager and the link adaptation module.
Requests are passed to the frame mapper for creating
rectangular data regions in the frame and obtaining the

final frame structure. It is important to remark that due
to the rectangular shape constraint, the percentage of
the frame actually mapped depends on the particular
request list and can vary in each frame [27]. Therefore
a mapping algorithm able to map on average up to 90%
of the frame has been implemented and a feedback on
actually allocated slots is provided by the frame mapper
when the frame structure is completed in order to
update users’ average throughput and utility functions.
Finally, just before transmission, packets are drawn
from the queues and MAC PDUs are formed adding
MAC overheads and applying fragmentation and
packing if needed.
The Link Adaptation module is responsible for the
adaptation of MCSs according to the CQI measured and
reported by each SS. In this case the CQI corresponds
to the SINR of the preamble field calculated through the
so-called EESM (exponential effective SINR mapping)
link to system interface [28]. The EESM formula is

 N


1 
SINRn (t)
SINRPREAMBLE (t) = − βln
exp −
N
β
n=1

(5)

Fig. 5. MAC functional blocks.
Copyright © 2009 John Wiley & Sons, Ltd.
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Fig. 6. Link quality curves.

Table VII. Modulation and coding schemes employed.
MCS

Required SNR [dB]

QPSK 1/2
QPSK 3/4
16QAM 1/2
16QAM 3/4
64QAM 2/3
64QAM 3/4

2.9
5.7
9.6
12.1
16.1
17.7
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investigating the advantages coming from a careful
design of utility functions in order to explicitly consider
differentiated user QoS requirements in the scheduling
metric calculation. Moreover, we want to assess the
performance improvements achievable through the
exploitation of multiuser diversity, leveraged in order
to achieve an enhanced system utilization combined
with QoS guarantees satisfaction.
Although in DL PUSC configuration the frequency
diversity is deliberately nullified by the pseudo-random
subcarrier permutation, the advantage coming from
the exploitation of time diversity over an entire time
window for QoS provisioning is large. For that reason
all analysed utility functions are based on minimum
reserved trafﬁc rate (mRTR) guarantees because of
the long-term nature of this QoS requirement. The
mRTR parameter is expressed in bits per second and
specifies the minimum amount of data to be transported
on behalf of the service flow when averaged over
time.
The following metrics are defined for performance
evaluation:

 Average System Throughput: overall sector throughput averaged on all simulation runs.

 Average User Throughput: defined for each
where N is the number of modulated subcarriers for
preamble (120 for FFT size 512), SINRn (t) is the SINR
on the nth subcarrier at time t and β is a scaling factor
tuned through link layer simulations for each possible
MCS in order to allow the use of AWGN curves for
link performance evaluation.
In order to select the most efficient modulation and
coding scheme for transmission that would still assure
a SLot Error Rate (SLER) lower than 10−2 for a given
CQI value, the minimum required SNR thresholds
have been extracted from the link performance curves
[10] depicted in Figure 6 and are presented in
Table VII.

5.
5.1.

Simulation Results
Performance Metrics

In this section different scheduling approaches
are introduced and evaluated through system level
simulations. The main scope is to verify and
compare their capabilities in finding a trade-off
between QoS provisioning and system throughput
maximization. In particular we are interested in
Copyright © 2009 John Wiley & Sons, Ltd.





simulated user as the average throughput over the
whole simulated session.
Long-Term User Satisfaction (LT-US): defined for
each simulated user as the ratio between the Average
User Throughput and the mRTR (minimum reserved
traffic rate). A value higher than 1 indicates that
the user received sufficient resources considering
the whole session. Although through this metric
it is possible to verify the system behaviour with
respect to long-term fairness and QoS provisioning,
it is not enough in order to show the variability of
the performance level perceived by users during the
simulation in dependence, for instance, on channel
quality variation.
Minimum Short-Term User Satisfaction (mST-US):
after dividing the user’s session in time windows
of duration TW (of 0.5 s), for each time window
the ratio between the average throughput and the
mRTR is calculated and the mST-US is defined
as the minimum between these values over the
whole session. In other words mST-US represents the
minimum short-term QoS level perceived by the user
during the session. This metric allows the evaluation
of the scheduling algorithms’ capabilities to provide
QoS guarantees uniformly during the whole user’s
session and shows existing relations between time
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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varying quantities (e.g. channel condition) and
perceived performance levels.
In the following, mST-US and LT-US will be used
to define the system satisfaction level. If U is the set
of all simulated users, for each possible value x of
user satisfaction (US), either long or short-term, the
satisfaction level represents the percentage of users
exceeding that US level and can be defined as follows:
Satisfaction level(x) =

card{u ∈ U | USu ≥ x}
(6)
card{U}

where card{U} represents the cardinality of the set U.
In practice the Satisfaction level(x) is the ratio
between the number of users having a User Satisfaction
degree greater than or equal to x and the total number
of users.
5.2.

Efﬁciency Maximization Versus Fairness

In wireless networks efficiency maximization is
definitely one of the main objectives due to the scarcity
of radio resources. Moreover, the unpredictable nature
of the wireless channel makes essential the design
and implementation of mechanisms able to react
against a temporary lack of radio resources and exploit
all the degrees of freedom provided by the system
as efficiently as possible. The design of advanced
scheduling schemes is one of the most effective ways
to pursue this aim.
In the absence of any constraints or objectives related
to the single user performance, the simplest way to
maximize the efficiency is by using the maximum
throughput (MT) scheduling algorithm. MT allocates
every OFDMA slot to the user experiencing the best
channel quality, thus assuring that all radio resources
are employed using the most efficient transmission
mode. In OFDM-based systems the AMC mechanism
allows the use of different transmission modes, with
efficiency levels proportional to the wireless channel
quality (i.e. user’s SINR).
In our case, due to the large user diversity, at each time
instant there is at least one user experiencing a peak in
channel quality and thus all slots are modulated with
the most efficient MCS (64QAM 3/4). The resulting
system throughput is
MT =
=

Nslot · bps64QAM3/4
Tframe

· FOMT

210 · 216
· 0.86 = 7.8Mbps
0.005

Copyright © 2009 John Wiley & Sons, Ltd.

(7)

where Nslot is the number of OFDMA slots in
a frame, bps64QAM3/4 is the number of bits per
slot that can be transmitted using the 64QAM3/4
MCS and Tframe represents the frame duration. The
measured average frame occupation FOMT is lower
than 1 because the frame mapping algorithm has
to achieve a trade-off between low complexity and
the exhaustive quest for the optimal solution. In
fact, MT represents the maximum achievable system
throughput, with a corresponding spectral efficiency of
1.4 bps/Hz.
In a real WiMAX system the frame mapping
problem, which can be considered a particular
two-dimensional case of a more general NP-hard
problem of operational research known in literature
as the Knapsack Problem [29,30], can represent an
important bottleneck and requires the implementation
of greedy algorithms able to find a suboptimal solution
in a finite time interval. Therefore, depending on
allocation requests, it is not always possible to
map the entire frame and a variable portion of
resources remains often unallocated or some requests
unfulfiled.
However, MT scheduling does not aim at establishing
any sort of policy or priority among users on the base
of the performance level actually perceived by each of
them. Forcing a policy in the radio resource sharing
could translate into different concepts (like fairness,
minimum QoS guarantees, etc.) but, in any case,
this will determine a trade-off between the spectral
efficiency and the level of the constraints enforced
by the applied policy. For example, if the policy
aims at guaranteeing minimum data-rates, then the
higher the summation of these rates over all users
is as compared to system capacity, the more difficult
fulfiling them becomes, leading to more resources
being used, and consequently to a lower spectral
efficiency.
The MT scheduler is not able to control user
performance and this is clearly visible by observing
the probability density function of the average user
throughput (Figure 7) meaning that users’ average
throughputs are highly scattered.
Figure 8 depicts the system satisfaction level (defined
in Equation (6)), provided by the MT scheduling
algorithm as a function of the LT-US for different values
of mRTR. Even if the satisfaction level is something
strictly related to minimum QoS requirements and MT
does not explicitly consider the mRTR in the resource
allocation process, performance indicators are also
computed in terms of user satisfaction, assuming that
every subscriber could trace and evaluate the actual
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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Fig. 7. Average user throughput probability density for
maximum throughput scheduling.

Fig. 8. System satisfaction level versus long-term user
satisfaction using MT scheduling and for several values of
the mRTR.

quality of the delivered service with respect to the
subscribed one. This is essential in order to have a
unified comparison over all scheduling approaches
analysed.
Setting mRTR to 100 kbps the system results to be
in a non-saturated state because the capacity necessary
to fully support this level of QoS is 2.1 Mbps, which
corresponds to 27% of the maximum achievable
system throughput. Even if under these conditions
the mRTR could be easily supplied for all users,
about 19% of them measure an inadequate service
level on the long term. Moreover, most of these users
experience an LT-US close to 0, which confirms
that MT systematically excludes some users from
accessing to the radio channel. The percentage of
Copyright © 2009 John Wiley & Sons, Ltd.
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Fig. 9. System satisfaction level versus minimum short-term
user satisfaction using MT scheduling and for several values
of the mRTR.

unsatisfied users (LT-US < 1) increases up to 60% for
mRTR = 500 kbps and this effect is even more evident
when considering the mST-US, shown in Figure 9.
In a real system the chance that admitted users are
not able to access the radio channel should be avoided
at least for all non-BE subscribers. In terms of WiMAX
specific traffic classes, the MT scheduler could only be
used for the BE traffic class.
A commonly adopted concept used when addressing
this issue is fairness [31,32]. Fair scheduling aims at
finding a trade-off between throughput maximization
and system equity, meaning that all users are allowed
to access the radio channel; the fairness degree is, in
a certain sense, a measure of the differences between
their rates. It is important to note that fairness does
not necessarily mean QoS: in fact, QoS deals with
minimum guarantees while fair scheduling does not
consider explicit constraints on minimum perceived
performances.
A classic fair scheduling algorithm from literature
is the PF rule, which provides users with a rate
proportional to their average channel quality. Even if PF
does not consider mRTR during the resource allocation
process, a more fair behaviour can be observed by
users from both the satisfaction level and the average
throughput pdf (Figures 10,11 and 12).
However, the spectral efficiency is reduced due
to the increased usage probability of robust MCSs.
Figure 13 evidences that during the scheduling process
the BS is forced to allocate resources using non-optimal
MCSs.
The PF scheduling is obtained using a logarithmic utility function, having the first derivative
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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Fig. 13. PF MCS usage probability distribution.
Fig. 10. System satisfaction level versus long-term user
satisfaction using PF scheduling, for several values of mRTR.

(marginal utility):
Ui (ri ) =

Fig. 11. System satisfaction level versus minimum short-term
user satisfaction using PF scheduling, for several values of
mRTR.

Fig. 12. Average user throughput probability density for
proportional fair.
Copyright © 2009 John Wiley & Sons, Ltd.

1
ri

(8)

where ri is the average rate of the user i over the last
time window TW = 0.5 s.
According to the utility-based scheduling approach,
the marginal utility approximates the instantaneous
profit (i.e. the dimension of the step taken in the
direction of maximizing the objective function) that
the scheduler could have for each additional bit
transmitted by the user. In order to maximize the overall
system utility, the scheduling metric used to assign
each OFDMA slot in the frame has to be calculated
by multiplying the current marginal utility with the
instantaneous CQI of the user, i.e. the bit-per-slot
associated with the currently supported MCS.
In case of a logarithmic utility function, the resulting
metric is exactly the ratio between the instantaneous
and the average data rate of the user; by using
this function the scheduler will provide all users
an average throughput proportional to their average
channel quality. In particular, when the average rate
of a user decreases, the marginal utility grows very
quickly and the utility-related term becomes dominant
in the scheduling metric. On one hand this provides
a certain degree of fairness among users, in the long
term, but on the other hand the BS is forced to schedule
the user even though it experiences a lower channel
quality, which requires the use of a non-optimal MCS
in terms of transmission efficiency. This results in
a measured average system throughput of 6.8 Mbps
(spectral efficiency 1.22 bps/Hz), which means a loss
of about 13% with respect to MT.
Stressing the concept of fairness, it is possible to
determine the system throughput when perfect fairness
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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Fig. 14. Average user throughput probability density for
Polling.

is enforced among users through a Polling scheduling
algorithm, which periodically polls the queues of
all active users and assigns to each one exactly the
number of slots necessary for transmitting one packet.
This way the available capacity is perfectly divided
among all active users and the scheduler maximizes
fairness, without considering any spectral efficiency
optimization. Under these conditions the measured
average system throughput is 4.4 Mbps (about 43%
throughput loss), but all users are provided about
200 kbps (Figure 14).
Using this algorithm, the QoS constraints can be
approximately fulfiled for all users for values of mRTR
of up to 200 kbps. This value strongly depends on the
particular simulation parameters (e.g. the number of
simulated users); the scheduler can not control the rate
of users in order to offer QoS guarantees on the mRTR.
Considering all this, the Polling algorithms could be
used as a benchmark for obtaining the minimum system
performances when all users are provided the same rate,
resulting in the highest possible loss in terms of spectral
efficiency. Finally, maintaining the same simulation
hypothesis for the other algorithms, mRTR = 200 kbps
could represent the system saturation point.
In Figure 15 the satisfaction level curves as a function
of the mST-US obtained for MT, PF and Polling are
compared for mRTR = 200 kbps . From the plot it is
clear that only Polling is able to provide minimum
requirements by enforcing full fairness § .

§
In Figure 15 the maximum mST-US value for which all users
are satisfied is 0.8 because mRTR = 200 kbps is obtained
averaging values in different simulation runs that fluctuate
depending on each particular simulated topology.
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Fig. 15. System satisfaction level versus minimum shortterm user satisfaction comparing MT, PF and Polling with
mRTR = 200 kbps.

5.3.

In the Search of QoS Guarantees

The way to guarantee QoS is to directly customize
marginal utility functions so that the minimum QoS
requirements are explicitly considered during the
scheduling process. From the user’s perspective,
this approach allows differentiating the scheduler
behaviour depending on what the current user
satisfaction degree is while, from the overall system
throughput viewpoint, the scheduler can allocate
resources in order to satisfy minimum requirements
and, only when minimum QoS is provided for all
users, the spare capacity could be employed following
some other criteria, e.g. throughput maximization. As
an example consider the following marginal utility
function (referred as PF+MT):

Ui (ri )

=

A·

mRTRi
ri

if ri ≤ mRTRi

1

if ri > mRTRi

When the average throughput ri is below the mRTR
the scheduler assumes that QoS is not satisfied for user
i and calculates the scheduling metric in a PF way.
However, when the minimum rate constraint is fulfiled,
the utility function is independent of the average rate
and users are ordered on the base of their CQI (like
maximum throughput). The A parameter in the formula
is essential in order to give strict priority to users
below mRTR with respect to those already satisfied.
In particular this parameter, which corresponds to the
marginal utility value for an average rate exactly equal
to the mRTR, should guarantee that the scheduling
metrics of any satisfied users are lower than the
minimum possible value for the unsatisfied ones. This
Wirel. Commun. Mob. Comput. 2009; 10:912–931
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Fig. 16. System throughput versus mRTR for different
algorithms.

Fig. 17. System satisfaction level versus long-term user
satisfaction with mRTR = 100 kbps.

condition holds if
A≥

Fig. 18. System satisfaction level versus minimum short-term
user satisfaction with mRTR = 100 kbps.

users with best channel quality reach an LT-US of
up to 5.
The saturation point is reached for mRTR =
200 kbps; under these conditions the PF+MT algorithm
performs better than both PF and MT, assuring that all
users experience a good mST-US (up to about 0.6),
while 80% of users reaching an mST-US of 1 (see
Figure 19). At the same time the achieved system
throughput is higher than Polling.
When mRTR further increases, the system goes
in saturation and radio resources are not enough
for providing QoS to all users. This results in
PF+MT performing similarly to the pure PF from
the point of view of both system throughput and
user satisfaction. In fact, when there is a lack of
resources, all users spend most time in the first
zone of the utility function where the algorithm

bps64QAM3/4
bpsQPSK1/2

Figure 16 shows the system throughput for various
scheduling algorithms as a function of the mRTR. For
low system load (e.g. mRTR = 100 kbp) the system
throughput is higher than Polling and, at the same time,
all users in the system are satisfied both on a long as
well as on a short time frame, as shown by Figures 17
and 18.
From the user satisfaction plots we can deduce that,
when the network load is below the saturation point,
the PF+MT algorithm behaves as expected assuring
that minimum requirements are satisfied for all users
and using the spare capacity for system throughput
maximization purposes. In fact all users have both
minimum short-term and LT-US higher than 1 and
Copyright © 2009 John Wiley & Sons, Ltd.

Fig. 19. System satisfaction level versus minimum short-term
user satisfaction for mRTR = 200 kbps.
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Fig. 20. System satisfaction level versus minimum short-term
user satisfaction for mRTR = 400 kbps.

Fig. 21. Difference between overall maximum and minimum
mST-US for mRTR = 300 kbps.

works as PF. However, the strict priority assigned to
unsatisfied users gives slightly better performances.
Figure 20 shows the similar behaviour of such
algorithms.
In a real system, an overload condition can be
caused by a call admission control (CAC) mechanism
malfunction as well as traffic peaks and fluctuations. In
that case, a robust scheduling policy should guarantee
a smooth performance degradation in order to avoid
the starvation of users with poor average channel
conditions.
Moreover, a robust scheduling policy can allow
the CAC to work very close to the real system
capacity without any preventive security margin by
relying on the scheduler for managing and absorbing
instantaneous traffic peaks. When there is a lack of
resources, all analysed algorithms, except Polling,
intrinsically give priority to users with best channel
condition because of the channel-dependent contribute
(CQI) in the scheduling metric and only the design
of fair utility functions can mitigate this problem.
Furthermore, when network load exceeds the saturation
point, even fair utility functions become substantially
ineffective. Considering the mST-US, for example,
and taking the minimum and the maximum between
all simulated users, the difference between these two
values is, in a certain way, inversely proportional to
the smoothness of each scheduling algorithm. This
difference is shown in Figure 21 for mRTR = 300 kbps.
In other words the higher the gradient of the
mST-US curve is, the smoother the performance
degradation provided by the scheduling algorithm
is. Obviously, Polling offers the most homogeneous
service degradation but, due to the fact that this

algorithm does not consider any throughput-related
criterion, system throughput loss exceeds 40%.
By exploiting the time dimension it is possible
to improve the performance of the scheduler. Time
diversity among users guarantees that peaks in channel
quality occur at different and independent time instants.
The introduction of a metric able to favour users
when their channel quality experiences a peak with
respect to the average could lead to two main
advantages: firstly the mRTR is provided to users with
poor channel quality, exploiting their most efficient
transmission capabilities and thus minimizing the
bandwidth necessary for minimum QoS requirements
fulfilment, secondly this approach guarantees a smooth
performance degradation because users with best
absolute CQI are not privileged thanks to the relative
peak-to-average (PTA) metric used.
In principle, this concept can be applied to every
utility function. In this work the PF+MT scheduling
approach is extended by multiplying each user’s
marginal utility with the ratio between its instantaneous
CINR and a value averaged over a sliding time window,
instead of the absolute CQI.
In Figure 22 the satisfaction level curves as a
function of both long-term and minimum short-term
user satisfaction are plotted for Polling, PF+MT and its
extension with relative CQI (referred as PTA PF+MT)
simulated for mRTR = 300 kbps.
Satisfaction level for mST-US (solid lines) and
LT-US (dotted lines) provided by Polling are very
similar while the distance between the two curves of
PTA PF+MT indicates that the algorithm improves the
system throughput at the detriment of the minimum
experienced QoS level. In that case users will perceive a
higher average satisfaction level but, unlike the Polling

Copyright © 2009 John Wiley & Sons, Ltd.
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Fig. 22. System satisfaction level as a function of both LT-US
and mST-US comparing Polling, PF+MT and its extension
with peak-to-average relative metric (PTA PF+MT) with
mRTR = 300 kbps.

case, there will be a significant variability between the
QoS levels provided in different time windows which
causes the mST-US to shift to the left in the plot; but
in any case the mST-US always remains above 0.4.
Moreover, as expected, using the peak-to-average
relative metric when the system is saturated,
the smoothness is improved and all users will
experience nearly the same performance degradation.
This consideration becomes clear by observing the
difference between overall maximum and minimum
mST-US measured by users, which is shown in
Figure 23.
Figure 24 compares the time behaviour of PT+MT
and PTA PF+MT considering the same two users, u1

Fig. 24. Average throughput for PF+MT, PTA PF+MT and
channel quality, respectively, compared for two users with
mRTR = 200 kbps.

Fig. 23. Difference between overall maximum and minimum
mST-US for mRTR = 300 kbps.

Fig. 25. US for each time window (0.5 s) for the two users
with mRTR = 200 kbps.

Copyright © 2009 John Wiley & Sons, Ltd.

and u2 , whose channel quality is depicted in the plot
below. Figure 25, instead, shows the corresponding
user satisfaction for each simulated time window. In
this case mRTR is set to 200 kbps and the system is
close to saturation. Using the absolute CQI metric, the
PT+MT algorithm always gives priority to the user
with the best channel conditions, while the second user
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Table VIII. User satisfaction comparing PF+MT and PTA PF+MT.
User satisfaction

PF+MT

PTA PF+MT

LT-US (u1 ; u2 )
mST-US (u1 ; u2 )

(1.2; 0.79)
(1.2; 0.66)

(1.06; 1.12)
(0.94; 1.03)

reaches the mRTR only in one time window . Using
the peak-to-average metric instead, the PTA PF+MT
algorithm tends to satisfy all users in most time
windows and both mST-US and LT-US, shown in
Table VIII, are enhanced and close to 1.
The behaviour of the algorithms studied could be
summarized as follows:

 MT: Provides the highest spectral efficiency.







However, under high traffic demand, on average
46% of users do not reach their minimum data-rate
guarantees on the long term; on the short term, 63%
of them fail to reach the provisioned rates. Even
under a very light system load, 19% of users measure
an inadequate long-term service level.
PF: Achieves a compromise between high spectral
efficiency (13% lower than MT) and a certain
degree of fairness. In a non-saturated system, the
performance of the algorithm is good, leaving
unsatisfied only 14% of users on the long term. When
the traffic was high, the results were not that positive
anymore, with 87% of users being left unsatisfied on
the long term.
Polling: Maximizes fairness at the expense of
achieving poor spectral efficiency (43% drop as
compared with MT). All users are provided a data
rate of about 200 kbps.
PF+MT: The benefits of this extension can be seen
in the case of a non-saturated system, because it
can better exploit the residual capacity left after
providing the minimum data rate requirements to
users. In this case all users are satisfied both on a
long term and on a short term basis, and the system
throughput is higher than Polling. When the system
is saturated, the behaviour is similar to the one of the
PF algorithm, maintaining fairness among users. A
slight improvement can be noticed due to the use of
strict priorities for unsatisfied users.


The average rate of first user is close to 1.2 · mRTR due to
the scheduler parametrization which requires to set the mRTR
parameter slightly above the real minimum rate required.
This is essentially due to the system overheads and time filter
inaccuracy.
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 PTA PF+MT: By including in the utility function
a term reflecting the relative channel quality with
respect to its average value (over a sliding time
window) for each user, a significant performance
improvement can be noticed. Using this algorithm,
all users experience a similar performance degradation in the case of a saturated system. When the
system load is below capacity, this method achieves
a satisfaction level close to 100% for all users.

6.

Conclusion

In this paper we have presented a detailed performance
evaluation of utility-based scheduling schemes in
802.16e systems. Since radio resource management
algorithms are not part of the standard, scheduling
schemes are an important mechanism allowing vendors
and providers to differentiate the service offer. The
presented results are useful to help system designers
select the most appropriate parameter settings to tailor
the service to customer needs.
Figures 26 and 27 summarize the tradeoff of all
the algorithms that we have presented, in both nonsaturated (mRTR = 100 kbps) and saturated (mRTR =
300 kbps) network conditions. It can be clearly seen
that, in order to meet user demands in terms of
minimum data rate guarantees, a system operator needs
to sacrifice the total system throughput. Depending
on the stringency and on the level of these QoS
requirements, the amount of resources that remains
in each frame to be used by the operator for other
purposes, such as maximizing system efficiency,

Fig. 26. Overall minimum mST-US versus average System
Throughput for mRTR = 100 kbps.
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10.

11.

12.
13.
14.

Fig. 27. Overall minimum mST-US versus average System
Throughput for mRTR = 300 kbps.

15.

16.

could be extremely low, leading to reduced spectral
efficiency. However, it should be noted that this loss in
total throughput can be diminished by using efficient
algorithms that exploit the properties of frequency,
time and user diversity of the WiMAX system. By
leveraging these properties, a scheduling algorithm
could drastically increase the total system capacity,
being able both to provision QoS and to increase the
system efficiency at the same time.
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